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Abstract

A new approach for t hie architecture of an all digeital modem design is presented
in this article. The key feature of this approach is alower processing, rate than the
Nyquist rate (the input satpling, rate) and even the symbolrate. The Jower processing,
rate is achieved by t he use of a parallel sty uct ure, based on multirate filter hank s
concepts. 111 our proposed geherne, matched filtering, is implemented in the subba nds
of ananalysis /sy nthesis filte rhank. Themodenarchitecture is particularly suited 101
high data rate applications, where the processing rate can 1)( 1 chosenindependentof the
speed of the Integrat of circuit technology.  Possible applications of the PRX incl ude
piga-bit/second satellite channels, multiple access communication systems, optical links
and interactive cable '\,

1T Introduction

With the evol ution of high speed satellite andtorrestrial communication, the applications for
highdatarate or wide-hand communication systems are becoming abundant. Fxisting, carth
orbital missions such as the Telecornmunication and Data Rel ay Satellite System (TDRSS)

YIhis work was performied at the Jet Propulsion Laboratory, Califonna Institute of “ T'e chimology, and was
sponsar ed by the National Acronautics and Space Admimistration.



supports dataratesof 117) 1o 300 Mbps. Communic ationsy stemsmusttoday )10 ('ss faster
and handle an evervisinig data throughput.

Advances in digital integrated circuit (10) techimology has made switching speeds close to
FGIz possible. However, the widespread use of high speed components is costly both inprice
and power consmmption. One of the key bottlenecks in DSP design for an all-digital receives
is the availability of components (e.g. multiply-accumulatorythat process ca chsampleat
the input sampling ra te, whenthelatter CxCCC@s 200 M1z orso. Theobjectivehere is 1( 1
explore a cost eflective solution to this problem. ‘The ideal solution is to employ lower speed
(50 70 M11z) (O11 nponents using 1C technologies such as the Complementary Met al Oxide
scimconductor (CMOS) tech nology. CMOS has many known adva ntages such as low cost,
low power | and high density. The data acquisition technolopy also has undergone rapid
advi mcements, where today, one piga sample persecond analog: to dig ital (A /D) converters
hecame available. By using a single high speed A/D component and asmallnumber of high
speed components (cug. multiplexers only), afundamental question is p osed:

Is i possible lo archilect o digital vo ccive v such thal Y1C process in (/ val e s slowcr 1110/
both the sar upling and the symbol ratc?

The answer Lo the above guestion is “yes”. In this work, we deovise a new approach for
desipning, a digital receiver that tr ades off processing, 1ate with parvallelism. Qur presentation
i s larpely based on the evolving, disciplines of multirate signal processing and digital filter
bank thcory, Classically, the filter banks have been used for subband coding, applications.
Using, the filter bank theory for desipning, the digital veceiver |, the overall systern lends itself
to a modular st 1 uct ure which can benefit the design and fabrication process of functional
hardware. This modularity is duc to the underlying st ucture of the receiver commposed of
finite impulse response (11 10) filters and two I blocks. The gener al approach has he en
successfully applied to wide band digital phase lock Joops in [1]. This work formed the basis

ol the rasults p resented here, and it was expanded to provide a cohesive approach to the




design of dig italreceivers. Qurmethodology is also suit ed for multi-channel communication
apphications suchas multi-carrier modulation s~’st(ills, multiple spacecralt connmunication
(o1 users), and spread spectrum commumnication systems.

The ideal coherent receiver for detection of signals in Additive White Gaunssian Noise
(AWGN) is well known [9]. Avvall-digital version of this receiver is presently used in NASA’s
Deep Space Network (DSN) [3]. A simplificd model for this digh tal receiver is depiicted i
I9ig. 1, and is the basis for the development of the parallel receiver. The digit al receiver archi
tee ture which will be developed herey referred to as the parallel receiver (P RX), demodulates
and (1G10(1s thereceivedsymbolstream, and provides tracking for the carrier pha se and the
symbol timing. The I input signal is scnnpled by a high speed A/D converter operating at
a1 ate fandthesamplesarefed 10 aseriar 10 parallelconverter of» size M. T'he sipnal then
consists of asequence of length M vectors sampled atthe rate fo /M. 11 1c1% 1wo consecutive
vectors of size M oare concatenated toforma lengt h 2A0 vector. CMCsC vectorsare 111( '11
Coill'('l tedtoa N (' ('to] sequence of subband sig nals (s1vector sequence inwhich cachiveet or
component (0r1”(s)011(1s” toone subbandsignal) by an anatysis filtethank. The 011 )111s of
the parvalleli zed matched filter is the symbol stream by denoted @i The outputs are available
inpatallel (t he size 2M vectors ave (i ansfon med back Lo size M vectors), which can be used
for further parallel processing in carrier pliase and bit timing, synchronization.

The subband realization of the matched filter is a special case of a broader concept,
which we refer to as subband convolution; sce Fig. 2. In this figure, two signals, x(n) and
q(1) are both divided into 2M subbands by scparate analysis filter bank s {/1,(2)} and
{10 (), ke 0,00, 2M 1'The filter b vk used here is an under-decimated (non-maximally
decimated) filter bank since there are 2M subbands, but the decimation and expansion rate
is only M. The output of the filter hbank is formed by the set of synthesis filters {F(2)}.
The filter banks are designed insuch a way th at the out put, o{n), is cqual to the result of

the (oilN olllti(=1}" of () with g(n). Subband convolution using maximally decimated filter




hanks has been previously proposed in [2], when the desived on putis the convolution of two
signals decimaled by M. vy our proposedmcthod, theundeciat ed convolution appears at
the synthesis bank output.

As abyproduct of the filter bankstruct 111¢, thesubbands:ignals cary find various other
uses such as: residual (or pilot ) carricr tracking, ext ract ion and o1 recording, of signals from

variotis subband s, radio science for correlation of wideband sources.

2 A Digital Receiver Model
The received waveform (1) is composed of signal s(1) plus noise (1), and can be w ritten as

r(t) - ]{(‘{>:ui])(l» 'z"l’)('-mf(”('} 1 (), 1)
14 )

where ¢; is the symbol sequence in complex form, fois the carrier frequency, 0 is the carrier
phasc and 1" is the symbol duration. Iiquation (1 ) applies to any two dimensional modula-
tion, e.g. QAM(Quad rature Ainplitude Modulation), MPSK (M-a vy Pliase Shift Keying).

The model for the digital receiver here is depicted in Fig. 1. We assume the availability
of an intermediate stage for open loop or closed loop down-conversion of the RIYsipnal to a
convenient frequency for the A /D conversion, referredto as the intermediate frequency @ 1).
This implies that bandpass sampling [4] is used, at rate fo. 11 bandpass sampling, a single
A/1) converter is used and the signal is demodulated 10 basehand by digitally multiplying
it withan estimate of the carrier with frequency w, and phiase 0 produ ced by a Numerically
Controlled Oscil Jator (NC O). T'he output of the NCO mixed with the signal is followed by a
low-pass filter 13(z) to reject the double frequency components. A deciiation by two ormore
is oftenpossible at this point [G] 10 reduce the processing rate. We will omit this decimation
operation since it is not relevant to owr structure. A demodulator here consists of the mixer
and the filter I3(2). The symbol rate is 1/1 seconds, andthe 11111111 serof samplespersymbol

duration is equal () 12 T [, and is assumed 10 beaninteger. Tu the actual system, the



satupling, clock and the symbol clock ma y not be synchronized. In this case; the symbol
timing, synchronization may employ time varying matched filter [b].'T'he matched filter s
represented as a filter Q(2) followed by a decimator by Do Al other required functions (e ..
residual phase errory 10( "1< indicators, power estimators) use the outputof the matehedfilter .
For the purpose of the symbol timing loop, matched i lter outputs at mid-symbol position
are required for the Dig ital Transition Tracking Loop (D1 1IL)[9]. This canbe accomplished
by siimply having 1) T'f /2 as the decimation ratio. We can combine the lowpass filter
I3(: ) and the matched filter Q(z) to one filter C(z) = B(2)Q(z) if desired. It is exhibited

here that t reating these filters seperately yields a less complex realizat ion.

2.1 Description of the PRX

The PRX block diagram is shown in I'ig. 3. All the dig ital filters mentioned in this article are
Finite impulse Response (27110 filters. The mpntsignaltothe PRX consists ol a scaiic1iere
O 1 leng th M ovectOrs sampled inrate fo /M1 very two consceutive N (C(Ct ors of size Mare
concatenated to aleng th 2M vector. 1ach component is mixed with a the carrier veferences
1«01 cachsubband, and then filtered by one of the polyphase cotnponcnts of the analysis
filtcill(z)denoted 11¢ "1 (' by 200 (7). The resulting scquence of vectors ave processed by
an 1 (Inverse Fast Fourier Transform) block. By appropriate sclection of subbands
ftomt he analysis filler bank,a lowpass frequency characteristic can be reali zed,as rinee her
described in Section 3. In Fig. 3, the filter GG (z), perforns the subband matched filtering,
as outlined in Section 4, The outputvectorsare Do essea by ing FIT block and cach
component is processed by the polyphase of the synthesis filter, denoted here by It (2?).
The output vector of Tength 2A v/(n) is combined to form a lenpth A vector , v(1), by
vi (1) s Vs () v (n 1), 111¢ sequence of vectors v(n) foris theparalleloutput of
the matched filter, and it is generated at the lowervate fo /M. is noted that if M is not

a multiple of D) then the components of this subset as well as the cardinality of the subset



arc periodically time varying. The expansion decimation operation at the outpul section of
Iig. 3 can be regarded as an interleaver and 1 here is a one-to one correspondence between
the components of {v(1)} and the desived sequence of symbols. When M is a multiple
of D), the symbol sequence a; has a one to one correspondence with a subset of the par allel
ontputs. Otherwise, refer to Section 4.2 {for a differentreatization of t he interleaver imwhich a
commutator (parallel to serial converter ) can be used instead of expanders. This is desirable

when a serial symbol output stream is requin ed.

3 Parallel Architecture for Demodulator Using IFilter
Banks

The der nodu)ator consists of a mixer for mixing the input with the carrier signal, followed
by alo wpass filter 13(2) 1o rcject the double frequency jiapes. Conisider a filter han k,
covering, the full band (), 22]. Let cach subband be multiplied by a coeflicient &, which
citn takethevaluesOor 1. Wecan discar da s¢1 of subband s, by choosing 6. - () for this
set The remaining subsetl constitutes the passhand of the oxec17in system, and thediscarded
sel constitutes the stopbarid.  We refer to our filtering, problem 1) ¢ re as a “partial band
reconstruction” 1] as opposed to per feet reconst ruction in which case the objective is to
rcconstruct the signal around the w hole unit circle. We impose here anadditional constraint
thatthesignaloutsidethereconsty 11¢ (¢ bandis arbitrarily suppressed. Our 1)101)1(°111 is a
s (iiit caseof amultilevel tunable filterdesign, where cach subband is given an arbitrary
weight ().

Typically, thercare three so111¢¢s of distortioninfilter banks, these are:aliasing, ampli-
tude distortion, andphase distortion. A s shiown in [7], alias cancellation is not possibleina
ma ximally decimated filter bank if only a subset of the subbands are used in signal recon
struction. Alasing (1'°(01" dueto dropping of subbandsinamaximally decimated filterbank

is illustrated i idg. 4. In this figure, asubsct of real synthesis filters Fi(z), forwhich 7 < &
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o117 > k12 are discard ed. The aliasing crror inthe signal is not ¢ anceled inthe frequency
bands where the adjacent synthesis filters are discarded. Inour p roposed structure, aliasing,
is suppressed (not canceled) by the use of underdechpated filter bank. In this system, 2M
subbands are used, cach decimated by M, so there is ample space for the rejection of the
inmages. Amplitude distortion and phase distortion (in the partial band) are minimized by a
proper cholce of analysis and synthesis filters,

Let {1 (z)Yand {Iu(2)}, k= 0, - . . »2 M- 1 betwo sets of FIRfilters. The filters { 11.(z)}
are called analysis filters, {74 (2)} are called synthesis filters, and let Woar = exp{ g4, ).
The filterbamkis called a diseret Fourier tranisform (1)1 17) analysis/synthesis {ilter hank if
1 (2) Ho(zWE)) and Fiu(z) - Fo(zWE), i.c, all fillers are a frequency shifted version of
one protolype, Hy(z) or Fo(z).

ln gCneral, the subband filter pairs {11,(z), Fi(z)} have complex cocllicients. However,
it can be shown that fora 1)1°71° filter bank, configured for partial ba nd reconstiuction, with
a syminetric arta ngement of the subba nds around the zero frequenicy results into a rea -
valuedimpulse 1s)o11s( for the overallsystem. 10 1y(z) is real, we cankeep anodd number
of sublhands 2M p2M p -1 1, .. 2M 1,0, 1, . . ., pandoblain a real-valued lowpass

response with cutoll frequency of approximately
w, = (2p1 N)u [2M. (2)

Notet hat the cutofl frequency canbe easily tuned (withacoarse resolution) by choosing p.
Let X(2) be the z- trausform of the imput a(n) of the filter-bank, and O(z) be the
transform of its output. The deci mator- expander after cach filter 11 (z) generates images

of the subband signal He(2)X (2). The M - 1 images are replicas of the signal, shifted in

frequency by multiples of 22 /M. The filter I(2) then passes only the signal Hig(2)X (z) and

rejects the ymages. Let Wos exp{- 7;\; }. Formally, the signal at the output of the filter



hank can be exp ressed as 8]

A-1

O(z) = Y. A=) X (= W, (3)

i@

where A, (2) is the alias transfer function, and is defined as

] 2N 1 )
Al(‘/) = - >\ (‘U;l/;l.(,‘:"/vl)[‘);(Z) (/])
M k: {l

The filterbank is called alias free if Ai(z): 0 o7/ 0. A's showninig. ba(the filter 1°(z)
in the figure will he used later), Fo(z) and Hy(z) can be designed such that the stopband
of Iu(z) cOwers the frequency support of the images Ho(z W', 1, . 0 . 0 M 1. Witha

suflicient stopband attenuation; we can assume
(W Fa(2) o (5)

sit 1ce all the filters are shifted replicas of asingle prototype, it is evident that Ai(z) ©
(), 7+ 0, hncethesysten is approximately alias free. The amount ot alias distortion
can be as small as desired by designing filters with sufficiently high stophand attenuation.
Furthermore, monotonically increasing stop band attenuation (non-cqual ripple stopband) is
adesited property, since it vesult g into further rejection of distant itnages from the filter cut-
oft frequency. T'hisproperty insures that only the neighboring filters contribute to the aliasing
distortion. 1 the maximally decimated filter hank, aliasing is chiminated by cancellation of
the alias components, when adding the outputs of the synthesis filters. Since there is no
such alias cancellation in a non- maximally decimated filter bank, discarding synthesis il ers
do not catise distortion, i.c., the phenomenaillustrated in g, 4 does not oce ur.

Using, the assumption that the system is alias free, the mput-output transfer function

1'(2) is

1 2M1- 1
T2y > Sl () (=) (©)
M ko O




Any lowpass filter with cutofl frequency % /2M and good frequency response may be chosen

for W(z): Ho(z)Io(z) to form multilevel response. Tlowever, in the transition bands, where
adjacent filters overlap, the overall frequency response may exhibit dips or bumps, The ideal
choice for K (z) is to satisly the Nyquist(2M) property. Formally, 11(z) is a Nyquist(M)
filtter 8] 4f

(M) = co(n), (7)
where ¢ is a constant and 6(n) is the Kronecker delta function. Let us assume ¢ = 1/M.
then K (z) is a Nyquist(2M), then
2M- 1 l
> K (W)= 1 (8)
k=0

I the frequency region where K (zWE ) and K (WL overla p it is assumied that the
remaining terms in (8) are negligible, this yiclds K (zWh,) 1 K (W) 2 10 This implies
that in the systemn passband, where é = 1, the frequency response is flat. Furthermore, if

we are implementing a multilevel {ilter, in the region where the subbands overlap we have
SIS (WY 1 bigy K (2WEYY 2 81 (8aqy - 80) K (W51, (9)

Thus, if the gain of K (z)in its transition band is monotonically decreasing thenthe gain
of the multilevel filter at the transition region hetween the level &g and thelevel by is also

monotlonic.

3.1 Elicient DFT FFi1ler Banks Implementa tion

The DI filler bank is eflicienitly irnplemented as follows. We express the prototype filters
in polyphasc representations as
20 -1

Ho(z): }; ]'/',-(:c?]"),z"i, (lo)
1 ()



QM- 1

Fo(z) = >0 I(="M)z _
1= 0
The analysis filters can then e expressed as
2M- | . 2M- ‘ ‘
(= Ho(zWhy) = S0 (2 "Wy (™™ SR N WY (12)
1= 0 P

Noble iden .y [8] can be used to move the decimation by M belore tie polyphase filters,
and an cflicient structure for the aualysis DIT i ter bank is realized. The operation in 11,
3, denoted by W7 is a matrix i iplication with the DI matrix conjugated (same as
i s inverse up Lo a constant), and is realized in oractice by an IFI71 - nverse Fast Fourier

r

ansform).

A representation as in (2) can be stated also for the synthesis fi ter Fi(z). Note that

a delay of M - 1 must be added for causality. 1t is hoted tha a rea

ellicients prototype
yields cal cocflicients polyphase filters. Real valued polyphase filters car also he obtained
using, Generalized DI (GD 0T filter banks 0]

Iurther reduction of the DIT computation complexity for the synthesis section can be
achicved by making use of the fact 1at he number of outputs is less than the mumber of

i outs. Let g = ped(D, M), en as latter shown in Section 4.2, ouly Y 2M /g outputs

arc needed out of 2M. 1 general the FT formulas

(1) V3hs (13)

for k= 0,9,..., Aw>)\~ Yg, the DT formula can be stated as

2M- 1 g1

X(kg) >0 > w(2M ).
1z O =0

lenee, ouly ar 11T of size 2M is required for e DT computation of the synthesis section.

0



4 Matched Filter Implementation in the Subbands

Consider the PRX block diagram shown i1 Mg, 3. In this section we find a set of filters
Glolz)y ., Gan. 1(z),tooperat (¢ on the subband sighals, such thatthe overall response of
the system approximates the matched filter Q(z) (apart from the mixing opceration). We
begin by assuming that none of the subbands are discarded. After implementing QQ(z) in the
subbands, the additional lowpass response I3(2) can be realized by dropping subbands, a's
deseribed in the previous scection. Note that it is possible to choose Q(z) = C'(z) and keep
all the subbands. However, this choice results into a significantly higher complexity, since
((z) would have much higher order than the original matched filter, and furthermore, all
the filters {G(2)} would then have to be implemented, instead of a subset of these filters.

Thesystem of Mg, 3 is developed as a special case of the subband convolution as shown in
Iig. 2. Inour case, 9% (1), the decimated subbands ©f ¢(71) constitute the impulse responses
of the filters Gi(z) shown inFig. 3. Since ((z) is known a priori, the impulse responces
gr(1) arc precomputed and stored for use inreal-time. 1t remains to show that with an
appropriate choice of the filters inthe system of 1Mig. 1, we canapproximate the convolution
result. of ¢(n) and @(n) at the output with arbitrary accuracy. Recall that we use DIYT filter
banks, i.c., Hi(2) = Ho(zWhy), 19:(2) Fo(2W5yy,) and Pe(2) = Po(2Why).

The decimated subbands of @(n), vg(n) and the decimated subbands of g{n), ge(n), can

be expressed in the z-domain as

Al-I
Up(z) - M]>‘ X (MW MW, (15)
and v
Cilz) - -, S0 QEMWH (2 MW, (16)
Al = 0
Thus, the output of thesystem is
2M -1 ,
()(;) : >J I"k(z)l]k(z/”)("k(”f}”) -
k: 0



] 2A1- 1 M o1

SRNT VU 1 (= vu X o= 2 (= ) - (17
k0O 1= O
After some nanipulations, O(z) can be expressed as
M- M- . ,
Oz2) Y Y X(EWHQEW)AL(2), )
0 52 0
vhere
] w>A.A_ ]
Aii(z) - > e 2W )Pz W i (2). (19)
) M? k- m
We can define the systen to He alias free
A (z): O forey 7/ 0 (20)
the system is alias free and there is no distortion, e,
] 2M- 1
Aopl(z) - S N 2)P(2)1(2) - (2
M? ki 0
then e output is he desived convolution of (1) wi'l ¢ nour non-maximally decimated

filter bank system, one can oblain alias suppression by designing prototype filters such that

Ho(z W) Po(zW)) Eo(2) 20 fori j+/ 0. (22)

Condition (21) implics that the filter K(z)  Ho(z)Po(2) R
in (&)

must also be Nyquist (2~ ) a

A simple procedure for designing, the prototype filters is proposed iere. Many other
procedures can be applied to this filter design »roblem, some of hese can be found in (8]
In particular, nonlincar optimization can be applied; in which case the objective unction 1s
obtained directly from the conditions (22) and (21).

The output symbols ¢ obtained in parallel form suflicient statistics for synchronization,

lock detection, SNR. est mation, equaliza ion and soft decoding. Various approachies are

Fg



availalble for symbol timing synchronization {at may be used for the PRX| such as digital
{ransition tracking loop ) "I'L) which can casily be incorporated into he system; his loop
nay directly use the parallel outputs of the interleaver [ ] Suppressed carrier tracking can
aslo e implemented in pa-allel as a trivial extens’o  of the conventional Costas loop, as

outlined n [ ]

4.1 A simp ¢ design rccedizc

Let 4, Qp and Q5 be the stopband uencics of the filters Ho(z), 1o(z) and Fy(z  espec-

ively as illustrated in Ig. ba These filters are assumed o be lincar phase lowpass filters,
For a sufliciently high stopband attenuation, condition (22) is sa isfied if the following set of
condi tons is simullanously satisfied:

Q-1 :::Q:;:NlTA ﬁ

- :::AC:,_;._. < Mw 23)
w?. - :::A:\? S < Mw
or, cquivalently; if
2m

ollo :\Tm:;:fv. :_xﬁwtv:s,mf.v <

M (24)

Among the prototypes {Ho(z), 1o(2), Po(2)}, the order of the filter Fy(z) has the highest

contribution in the total system complexity for the folowing reasons: 1. G(z) has complex

cocllicients.

The number of nonzero cocflicients i g (n) is 1/M times the order of
Q(z)1’0(2) compared to 1/2M times the order of Hy(z) for Ii(z). For minmizing the order
of this filter, it is desirable to widen its transition band as much as possible. Between the
filters Io(z) and Ho(z), the one with the narrower bandwidth is chosen to be Hy(z). This
choice provides the minimum amount of overlap hetween the subbands for applications that
process the subbands signals separately. The lowest complexity chioice for Q4 is to make
itoas large as Qp. Morcover, we can set y(z) = Fo(z) for simplicity. Then, the filters are
2

designed with the condition Q4 Q= 47,




Condition (21) is satisfied approximately by designing Ho(z) to be Nyquist(2M), and
designinig, Io(z) and F4(2) to have lincar phase and wide passhand with low ripple, winch
is wideenoughtocoverthe transition band of 77()(2). Inthe causal form of the prototype
filters, care must be taken to force the group delay of these filter s to be amultiple of M. An
example of a filter bank design for M =3 is shown in I9g. dh.Inthisexample,the 017 (1> of

Ho(z) is 35 and the order of 4(z) = Io(z) is 23. The aliasing, crror from (19) can be defined

as
27 Zn
max \A (| dw - - D ax [ (WY Py W Eo ()] deo (25)
'HL(,7‘2 R TR v n M3 7:1(,71 . RN EAN 0 - 0
0 0
with oo -t/ 0. Inthe exarnple of Fig. 5b, the maximum is obtainedatn = 1, and

the aliasing error is H84dB which is well below the quantization noise floor for an 8-bit A /1)

converter,

4 ,2! symbol Sill’caln Generation¥romthe 1 arallel Output

The expansion- decimation operation at the out put section of I'ig. 3 shows the correspondence
between the components of {V(n)} and the desired sequence ot symbols. When M is a
multiple of D the symbol sequenice @ ha s a one-to one correspron dence with a subset of the
parallel outputs. When M is not a multiple of 1), an alternative realization of the PRX
output is derived here ity which a commutator (parallel 1o serial converter) circuit can be
uscd and expansiontoa higher rate is not required. This is especially important if a scrial
symbol output stream is desired.

Let ¢ denote the greatest common divisor ged) of M and ). Then, there exists M
and D such that M = gM and D - gD, Since M and D are relatively prime, there e xist
mtegers ng and 1y such that 71(,/\7 q 71,,]A) : 1. tcanthen 1) ¢ shown thatthe PRX output

can be reorganized as shown in Fig. 6a. Next, define7i=00 1110 1 M and ;- | AR ic.,




the integer part of v

K then, the following identity is valid
Zvl, M- A iny . (26)

Since ped(ny, M) = 1 then v  #; Vi o/ J. Henee, the implementation shown in Fig. 6h
follows. Note that the value of some of the delays in this figure are negative (cither 1g or ny
has to be negative), and in this case some delay must be added to the system for cansality.
The expansion-delays-decimation has been reduced 1o constant delays, a commutator civcuit,

and a routing switch.

5 Simulations and 'lests

The systembias been sim ulated for the case of sixteen bands (M = 8) by COMDISCO’s Sighal
Processing Workstation softwarce which supports the simulation of digital signal processing
systems. The filters were designed according to Section 4.1,

T'he approach taken here for designing 1y(#) is windowing the impulse response of an ideal
filter . The window chosen here is the Hamming window, which provides a smooth response
and a non-cqual ripple stop ba ud. It must be noted that by choosing the bandwidth of the
ideal filter to be o /2M [ the resulting filter is forced to he Nyquist(2M), independent of the
window shape used for designing the filter. The filter Io(z) = Fo(z) was designed as lincar
phasc anda wider passhand than /74(z). With filter lengths of 120 1 for Hy(z) and 8M - 1
forl'a(z) (the maximal order of 15.(z) is 6 and the maximal order of I8 (2) is 4), better than
60 dB attenuation is achicved in the stopband.

Number of experiments have been undertaken to verify the performance of PRX andare
discussed and presented indet ail in [1 1] A hrief desceription of two of these experiments is
described here as follows: a. Mean Square Iirvor (MS1)) Mcasurcn cent: 11017[1017 toquantify
the implementation errory inthis simulation the Mean Square Frror (MS E) criteria is used.

The filter banik implementation error of the inatched filter is mecasured by siimulation. i this

11)




Table 10 MSE Mceasurements

01(1(11- 11 (%) | o (111" (2 ).})(2) MSI
12M -1 8M 197+ 10" 5
16M -1 12M 8,17+ 10"6

experiment, none of the subbands are discarded. a randory Lipolar pulse streary s applied
simultanously to a sliding window filter (Q(z) 1+ 2z "4 27 71 2% and to the filter-hank
implementation of the sarne filter. The difference signal between the two output sig nals is
computed,andtheaverage P ower of the (1717017 sequence is casured. This provides a MSE
Measurcment (the output power of the matched fittet is normalized to unity). The very
stmall MSE aflirms the negligible 1oss inthe bit € ror rate (BER) measurement. The MSY is
tabulated 1 Table 1. 0. BIR Measurcmenl with Bandpass Sampling: 11 this simulation, an
1P modulated 111°S1{ signal withrectangularpulse shape over the additive white Gaussian
noise channel is simulated. The BER resuit, is comparcdto the ideal theoretical BER when
four complex samples per symbol are used for detecting the symbols. The Bandwidth-bit-
time (BT product of the simulatedanti-aliasing analog filter is 1.5 The results are shownin
Ip. 7. Note that the degradation shown in Fig. 7 is duc only to the low numnber of samples

pea symbol (the same degrad ation results in the conventional implemen ation [5]).

6 A lternative Architectures

Our design problem can be reduced to the parallel implementation of a system composed o f
a FIR ilter C'(2) followed by a decimator of rate 1), at a lower rat ¢ than the output rate.
Here we investigate two additional approaches to this problem, and make a comparison on
the relative complexity of all three aproaches.

Let M denote the decimation ratio hetween the input sampling rate and the processing
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Isle.

For simplicity we assume that M is multiple of D, Let ] @ 110 the o1 17 of C'(2).

I lere, we consider three options, namely:

1

3.

. Blocked Digital Iilter [8]: the input is vectorized to lenigth M vectors at a rate [/ M

by a serial to parallel converter. Thevectorsare then processed by ablock filter 11(2),
which is a M x M matnx transfer function, that is cach component of the matrix is
a filter. The dectimation by 1) at the output translates to the implementation of only
M/D rows of thematrix. The matrix H(z) is pscudocirculaut [8] which mcans that
all the rows are cyclic rotations of thefirst row, withz' multiplies the element helow
the diagonal. The first row is given by Mo(z) = 19(2), where I5(z) are the polyphase

components of C'(z).

requency domain convolut ion: using a 1)171" to perform the convolutionbetweena(n)

ande¢(n). Thisapproachhasbeen classically usedto compute linear (oilN’ol~Itiolls and
is 1¢cferred to as thie “overlap and save” maethod (107, Theinput stream is divided to
overlapping blocks of size M -1 1, 1 with L 1 samplesoverlap, an P11 is performed
on the block. The output is multiplied with the transform of ¢(n) and transformed
back to the thime domain by 11T, The first M cocflicients arc usclul results, and the

1esl.are discarded.

Filter bank approach: the filter bank structure derived in Section 4.

Next, thecomputational complexity of cachioption is stated interins of the nummber of

multiplication operations per sample at the low sampling rate.

In option 1, the matrix filtering entails a total of M 1, multiplications with non-zero

constants. A s mentioned, only 1/1) of the rows need to be implemented, feading to a

reduction of the complexity by the same factor.

In option 2, the frequency domain convolution requires two 1171 ’s of size M -t L, and

M} L. additional multiplications. The IFIVI requires approximately 5(M -1 L) log (M -1 1)

17



Table 2: Computational requircinents of several options.

Option Operations

1. Block Digital Ifltering LM/D

2. Frequency Domain (M L)log,(M 1 L) 1 M 4 L

3. IFilter Banik 20M A 8M/D M 10,,2A4 -1 2M/Dlog, 2M /D -1 1/

multiplications.

Inoption 3, The complexity of the filter bank approach is approximated by assuming that
the order of F4(z) and I5(2) is 8M and the orderof 1y(z) is 12M. These approximations
liave been derived empirically and represent a rough figure for the order of the filter bank
tohave very low distortion). The total complexity of the polyphase componentsof Ho(z) is
cqualto the complexity of implementing 115(z) itself that is 12M multiplications. 1 'he same
applics to I'9(z), butonly 1 /1 of the polyphase corponents need to he iinplemented. The
order of cachsubbands filter is about 3, 1/ 8M,where 1 is the order of Q(z)and is smaller
than L. There are about M such filters (the rest of the 2M subbands are discarded). There
is one I'11 of size 2M and one of size 2M/D. 'T'he result for the three options is summmarized
in Table 2.

InIig. 8, caclioplion is represented as a subspace in the two dimensional plane whosc
coordinates arc L and M. In tnis comparison, I/ : L (in favor of option 3) and 1) - 2. Fach
subspace represent s the range of variables f, and M that yield minimal complexity among
the three options. Ior a small 1, the block digital filtering results into the lowest number of
operations, bul the benefits of the fitter bank structurearclost. Also note thatthe case of

Mnultiple of 1) is infavor of option 1.



7 Conclusion

In this article, we succeeded in formulating an architecture for a digita receiver such that
the processing rate m the digital signal processing hardware is arbitrarily sclected Hy the
designer. Based on the concept of subband convolution using a multirate filter bank, an
architecture was devised tha  operates in parallel at an arbitrary low rate. The detected
symbol stream is diveetly output from the subbands in parallel. Various options, for the
implementation of the overall receiver was studied and their associated complexitics was
assessed. Simulation of the PRX architecture verifies that there is no loss associated in PRX

when combared to the classical implementation of the receiver.
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